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SPEECH COMMUNICATION APPARATUS 
EQUIPPED WITH ECHO CANCELLER 

FIELD OF THE INVENTION 

The present invention relates to a hands-free speech 
function-equipped apparatus of wire telephones, mobile 
radio-telephones, portable telephones, cordless tele 
phones and, in particular, a speech communication ap 
paratus equipped with an echo canceller for eliminating 
an acoustic echo which is generated from a speaker for 
hands-free speech into a microphone, upon reception, in 
an acoustic environment. 

BACKGROUND OF THE INVENTION 

Speech communication apparatuses are known which 
have, in addition to a handset speaking mode for speak 
ing with a handset, a hands-free speaking mode. In the 
hands-free speaking mode, speaking is done with a 
speaker and a microphone for hands-free speech which 
are provided on the communication apparatus body 
with a handset added thereto, that is, speaking is done 
with the speaker and microphone in place of the hand 
set. In the hands-free speaking mode, the user can freely 
use his or her hands during speaking. In a mobile radio 
telephone apparatus, for example, a driver can speak 
with both of his or her hands on a steering wheel. Thus 
safety is ensured while driving the automobile. 
When, however, speaking is done in the hands-free 

speaking mode, the speaker’s voice is re?ected back 
from the walls and ceiling of the automobile to generate 
an acoustic echo around the microphone. The acoustic 
echo is largely not desirable on a communication system 
of relatively great transmission loss, in particular, due to 
severe degeneration of speech quality. With the digital 
type mobile radio telephone, for example, a low bit-rate 
speech encoder is employed for the effective utilization 
of a radio frequency. For burst errors, an interleaving 
system is used to enhance the burst error correction 
capability. For this reason, the transmission delay for 
speaking on one way of two-way communication appa 
ratuses becomes about 100 msec. When communication 
is conducted in such a state, an echo is undesirably 
detected by the user, thus resulting in a large decline in 
speech quality. 

Proposals have been made to employ an echo cancel 
ler in this kind of system. The echo canceller estimates 
the characteristic of an acoustic echo path through the 
use of an adaptive ?lter and generates a raise echo hav 
ing the same characteristic as that on the acoustic echo 
path. Further, the echo canceller eliminates the false 
echo from a speech signal and cancels an acoustic echo 
component in the speech signal. 
However, the echo canceller generally requires lots 

of time until a false echo having the same characteristic 
as that of the acoustic echo path is generated after the 
acoustic echo path has been estimated. Therefore, no 
adequate echo cancellation processing is carried out 
with the echo canceller immediately after the hands 
free speaking is started. An initial echo remains immedi 
ately subsequent to the start of the hands-free speaking, 
thus leading to a decline in speech quality. 

SUMMARY OF THE INVENTION 

A ?rst object of the present invention is to provide a 
speech communication apparatus which can eliminate 
the generation of an initial echo immediately after the 
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2 
start of hands-free speaking and provide high-quality 
speech. 
A second object of the present invention is to provide 

a speech communication apparatus which can brie?y 
and ef?ciently initially train an echo canceller. 
A third object of the present invention is to provide a 

speech communication apparatus which, even if a user 
performs any particular operation for initial training of 
an echo canceller, can positively perform the initial 
training, when necessary, at all times. 
A fourth object of the present invention is to provide 

a speech communication apparatus which can naturally 
perform initial training of an echo canceller without 
giving any unnatural feeling to the user and make an 
associated circuit simpler and more compact. 
A ?fth object of the present invention is to provide a 

speech communication apparatus which, even when a 
speech mode is switched to a hands-free speaking mode 
during speaking in a handset speech mode, can prevent 
the generation of an initial echo immediately after the 
start of speaking in the hands-free speaking mode. 

In order to achieve the ?rst object of the present 
invention, a speech communication apparatus is pro 
vided which includes, in addition to an echo canceller 
for canceling an acoustic echo generated in a hands-free 
speech space, chirp signal generating means for generat 
ing a chirp signal for initial training of the echo cancel 
ler and training control means. The training control 
means outputs, as a volume-ampli?ed tone, a chirp tone 
corresponding to a chirp signal which is generated from 
the chirp signal generating means in accordance with 
the creation of a predetermined condition for starting 
hands-free speaking, and effects initial training of the 
echo canceller based on the chirp tone. 

In the arrangement thus set out above, the initial 
training of the echo canceller is effected before substan 
tial speaking is done at a hands-free speech start time 
whereby an optimal characteristic corresponding to the 
characteristic around a hands-free speech space is set to 
the echo canceller. Even immediately after the start of 
the hands-free speaking, an acoustic echo is effectively 
canceled by the echo canceller so that high-quality 
speech can be achieved without any adverse effect from 
the acoustic echo. 

In order to achieve the second object of the present 
invention, a chirp signal is used as a training signal. The 
chirp signal has the characteristic of being very small in 
a ratio of a peak power and average power. When, 
therefore, the initial training of the echo canceller is 
effected using the chirp signal, it is possible to signi? 
cantly reduce the time necessary for initial training. 
Even when the initial training is effected at the start of 
the hands-free speaking, there is less risk that speaking 
will be disturbed by the initial training. 

In order to achieve the third object of the present 
invention, the following respective arrangement is em 
ployed so that the initial training of the echo canceller 
may be started. That is, the ?rst arrangement allows 
detection to be made of the generation of an incoming 
call and incoming call response operation and is respon 
sive to the generation of the incoming call and incoming 
call response operation to start initial training. The 
second arrangement monitors whether or not the in 
coming call is generated and in response thereto starts 
initial training. The third arrangement monitors 
whether or not a speech link is created during a re 
sponse standby of the communicating party’s apparatus 
after transmission. In response to the detection of the 
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creation of the speech link, initial training starts. The 
fourth arrangement monitors a calling start instruction 
input operation and in response thereto starts initial 
training. The ?fth arrangement monitors a dial informa 
tion input operation necessary for a calling originate 
operation and in response thereto starts initial training. 
These arrangements ensure that the automatic initial 

training of the echo canceller occurs when detection is 
made of an operation indispensable for incoming call 
and calling signals or a change in state of the operation. 
For this reason, no particular operation is necessary for 
the initial training of the echo canceller and the opera 
tion can be made simpler. Further, the initial training is 
necessarily performed when hands-free speaking is 
done upon calling and incoming call operations. For 
this reason, any undesirable shifting of the speech mode 
to hands-free speaking prior to initial training being 
effected is prevented. 
These effects are effective for the mobile telephones. 

That is, if the number of occupants varies, for example, 
in an automobile after training, it is necessary to reini 
tialize operation parameters due to a variation in the 
acoustic characteristics in the automobile. That is, it is 
necessary to frequently retrain the echo canceller. Ac 
cording to the present invention, the initial training of 
the canceller is automatically made, as set out above, at 
calling and incoming times. This makes any complex 
operation unnecessary. The inconvenience of speaking 
being started prior to initial training being effected is 
positively prevented. 
Where initial training has to be done with a keypad, it 

is necessary and cumbersome to perform a respective 
training key operation each time the acoustic character 
istic of the automobile varies. When such a key opera 
tion is not done, hands-free speaking starts without the 
initial training being effected, thus resulting in a decline 
in speech quality involved. 

In order to achieve the fourth object of the present 
invention, a chirp tone output for initial training serves 
also as an operation acknowledge tone at the calling and 
incoming call operation times or as a tone for informing 
the user of its operation state. In the case where initial 
training is started responsive to the incoming call re 
sponse operation, a chirp tone is output in place of an 
operation acknowledge tone for the incoming call re 
sponse operation. In the case where initial training is 
started responsive to the detection of the generation of 
an incoming call, a chirp tone is output in place of a 
ringing tone for informing the user of the generation of 
the incoming call signal. Further, in the case where 
initial training is started responsive to the inputting of a 
calling start instruction, a chirp tone is output in place 
of an operation acknowledge tone for informing the 
user of a calling start instruction input operation. In the 
case where initial training is started responsive to the 
inputting of dial information, a chirp tone is output in 
place of an operation acknowledge tone for informing 
the user of the inputting of the dial information. 

Since the acknowledge tone for the respective kind of 
operation and the tone for informing the operation state 
to the user are shared by the chirp tone, the initial train 
ing can be done without the user being conscious of the 
presence of the chirp tone. It is, therefore, possible to 
obviate the need to provide any circuit for generating 
an operation acknowledge tone and informing tone. 
This can make an associate circuit simpler and more 
compact. 
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4 
In order to achieve the ?fth object of the present‘ 

invention, the speech mode switching operation is mon 
itored during handset speaking. Upon the operation of 
switching the speech mode from the handset speaking 
mode to the hands-free speaking mode, a chirp tone 
corresponding to a chirp signal generated from the 
chirp signal generating means is output as a volume 
ampli?ed tone from the speaker and the initial training 
of the echo canceller is conducted based on the chirp 
tone. 

In the arrangement above, even when the operation 
of switching the speech mode from the handset speak 
ing mode to the hands-free speaking mode is carried out 
during the handset speaking, the initial training of the 
echo canceller is conducted before shifting the speech 
mode to the hands-free speaking mode. It is thus possi 
ble to conduct high quality hands-free speaking. 

BRIEF DESCRIPTION OF THE DRAWINGS 
FIG. 1 is a circuit block diagram diagrammatically 

showing an arrangement of a speech communication 
apparatus according to a ?rst embodiment of the pres 
ent invention; 
FIGS. 2A and 2B, each, are a circuit block diagram 

showing a detailed arrangement of the apparatus of 
FIG. 1; 
FIG. 3 is a circuit block diagram showing an arrange 

ment of an echo canceller provided in the apparatus 
shown in FIG. 2A; 
FIG. 4 is a ?ow chart for showing an incoming call 

control procedure and control contents of a control 
circuit provided in the apparatus shown in FIGS. 2A 
and 2B; 
FIG. 5 is a flow chart showing a calling signal control 

procedure and control contents of a control circuit 
shown in FIGS. 2A and 2B; 
FIG. 6 is a flow chart for showing an initial training 

control procedure and control contents of a control 
circuit shown in FIGS. 2A and 2B; 
FIG. 7 is a circuit block diagram showing an arrange 

ment of a speech communication apparatus according 
to a second embodiment of the present invention; 
FIG. 8 is a circuit block diagram showing an arrange 

ment of an echo canceller provided in the apparatus 
shown in FIG. 7; 
FIG. 9 is a ?ow chart showing an incoming call con 

trol procedure and control contents of a control circuit 
provided in an apparatus shown in FIG. 7; 
FIG. 10 is a ?ow chart showing a calling signal con 

trol procedure and control contents of a control circuit 
provided in the apparatus shown in FIG. 7; 
FIG. 11 is a circuit block diagram showing an ar 

rangement of a speech communication apparatus ac 
cording to a third embodiment of the present embodi 
ment; and 
FIGS. 12A and 12B, each, are a flow chart showing 

an incoming call control procedure and control con 
tents in a speech communication apparatus according to 
a fourth embodiment of the present invention. 

DETAILED DESCRIPTION 

A ?rst embodiment provides one example of applying 
the present invention to a mobile radio-telephone appa 
ratus having a handset speaking function and a hands 
free speaking function. 
A dual mode system performs radio communication 

by selectively using an analog mode and digital mode. 
In the analog mode, a carrier is, for example, frequency 
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modulated by an analog speech signal in a transmit 
circuit. In a digital mode, a speech signal is encoded and 
a carrier is modulated by the encoded speech signal 
with the use of a digital modulation system, such as a 
11/4 shifted DQPSK (1r/4 shifted, differentially en 
coded quadrature phase shift keying system) and trans 
mitted. 
FIG. 1 is a circuit block diagram showing a schematic 

arrangement of a dual mode mobile radio-telephone 
apparatus of the present embodiment. 
The present apparatus comprises an antenna 1, a radio 

unit 2, a cradle 3 and a handset 4. The antenna 1 is 
comprised of, for example, an antenna mounted on auto 
mobile body. The radio unit 2 is arranged, for example, 
in the trunk of the automobile and connected to the 
antenna via a coaxial cable. The cradle 3 is disposed, for 
example, at an armrest in the automobile and connected 
to the radio unit 2 via a cable comprised of a plurality of 
signal, control and feeder lines twisted together. The 
handset 4 is detachably placed relative to the cradle and 
connected relative to the cradle via a curl cord com 
prised of signal, control and feeder lines twisted to 
gether, 
The radio unit 2 includes a radio circuit section 20, a 

speech circuit section 2b, a radio unit control circuit 2c, 
a RAM 2d for storing data, etc., necessary for control, 
a power supply circuit 2e, oscillators 2f, 2g and switches 
2h, 2i. The speech circuit section 2b includes a digital 
speech circuit used in a digital mode, an analog speech 
circuit used in an analog mode and an echo canceller 30. 
To the digital and analog speech circuits, the oscillators 
2f, 2g supply various kinds of clocks. The switches 2h 
and 21' are turned ON in the digital and analog modes to 
supply a power supply voltage for excitation of the 
oscillators 2f and 2g, respectively. The power supply 
circuit 2e generates a predetermined operation power 
supply voltage Vcc based on the output of an automo 
bile battery not shown. 
The cradle 3 includes a speaker (hereinafter referred 

to as a hands-free speaker) 30 for hands-free speaking, a 
microphone (hereinafter referred to as a hands-free 
microphone) 3b for hands-free speaking, a cradle con 
trol circuit 30 and a hook switch 3d. 
The handset 4 comprises a speaker (hereinafter re 

ferred to as a handset speaker) 40 for handset speaking, 
a handset control circuit 4c, a key input section 4d, and 
a display unit 4e. The key input section 4d has dial keys 
and function keys such as SND and END keys. The 
SND key is used to input a transmit instruction at an 
originate time and an acknowledge response at a termi 
nate time. The END key is used to end a call thereby 
indicating an end of speech. The display unit 4e is com 
prised of, for example, a liquid crystal display unit and 
employed to display various items of information, such 
as the number dialed and the communication operation, 
etc. 
FIGS. 2A and 2B show a detailed arrangement of the 

radio unit 2, cradle 3 and handset 4. 
First, the operation of the circuit system will be ex 

plained below with the digital mode set. A radio carrier 
signal from a base station, not shown, via a given radio 
channel is received at the antenna 1 and then input to a 
receiving unit (RX) 22 via a duplexer (DUP) 21. At the 
receiving unit 22, a received carrier signal is mixed with 
a local oscillation signal from a frequency synthesizer 
24 to obtain an intermediate frequency signal as a fre 
quency-converted signal. After being converted by an 
A/D converter 25 to a digital signal, the received inter 
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6 
mediate frequency signal is supplied to a digital demod 
ulation circuit (DEM) 26. At the digital demodulation 
circuit 26, the received intermediate frequency signal is 
demodulated to obtain a received base band signal. The 
received base band signal is subjected by a channel 
codec (CH-COD) 27 to error correction and then to 
speech demodulation processing by a speech-codec 
(SP-COD) 28. 
The received digital signal output from the speech 

codec 28 is input to a change-over switch 29. The 
change-over switch 29 is controlled such that, with the 
digital mode set, a received speech signal output from 
the speech-codec 28 is selectively output by a control 
signal $8 output from a radio unit control circuit. With 
the digital mode in the set state, therefore, the received 
speech signal input from the speech-codec 28 is input 
via the change-over switch 29 to an echo canceller 
(EC-CAN) 30. The received digital speech signal 
passed through the echo canceller 30, after being con 
verted to a received analog speech signal, is input to a 
change-over switch 32. The change-over switch 32 is 
controlled such that, with the digital mode set, a re 
ceived analog speech signal output from the D/A con 
verter 31 is selectively delivered as an output with a 
control signal S9 output from the radio unit control 
circuit 20. The received analog speech signal is thus 
passed through the change-over switch 32. 
The received analog speech signal is branched into 

two routes. The signal on one route is supplied via a 
buffer ampli?er 34 and the cradle 3 to the handset 4. 
With the handset speaking mode selected, the received 
speech signal, after being volume-controlled by a vol 
ume 4f, is output from the handset speaker 4a in the 
handset 4. With the hands-free speaking mode selected, 
the received speech signal, after being volume-con 
trolled by a volume 33, is amplified by an ampli?er 35 
and delivered to the cradle 3. The received speech 
signal is output, as a volume-ampli?ed output, from the 
hands~free speaker 3a on the cradle 3. 
A handset transmit speech signal from a user which 

has been detected by the handset microphone 4b and 
then subjected to acoustic/electric conversion is input 
to a change-over switch 3e on the cradle 3. The change 
over switch 3e is controlled so that, with the handset 
speaking mode set, the handset transmit speech signal is 
selectively output by the cradle control circuit 3c and 
with the hands-free speaking mode set, the hands-free 
transmit speech signal is selectively output. Whether 
the handset speaking mode or the hands-free speaking 
mode is set is determined, by the cradle control circuit 
3c, in accordance with the state of the hook switch 3d. 
The handset speaking mode is determined with the 
handset 4 lifted up from the cradle 3 and the hook 
switch 3d in an off-hook state. On the other hand, the 
hands-free speaking mode is determined with the hand 
set 4 placed on the cradle 3 and the hook switch 3d in an 
on-hook state. The transmit speech signal output from 
the change-over switch 3e is supplied to the radio unit 2 
via a switch 3f and buffer ampli?er 3g. 

In the radio unit 2, the transmit speech signal, after 
being converted to a digital signal by an A/D converter 
36, is supplied to the echo canceller 30. In the echo 
canceller 30, digital signal processing cancels an acous 
tic echo from the transmit speech signal. The digital 
transmit signal output from the echo canceller 30 is 
supplied to a change-over switch 37. The change-over 
switch 37 is controlled such that, with the digital mode 
set, the digital transmit signal is input to the speech 
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codec 28 with a control signal S8 output from the radio 
unit control circuit 2c. In the analog mode set, the digi 
tal transmit signal is supplied to a D/ A converter 42. 
The speech-codec 28 subjects the digital transmit 

signal to code processing. The coded digital transmit 
signal is subjected to error correction processing by the 
channel-codec 27 and then supplied to a digital modula 
tion circuit (MOD) 38. The digital modulation circuit 
38 modulates the coded digital transmit signal using a 
modulation signal in accordance with a radio channel 
frequency. For example, a ar/4 shifted DQPSK system 
is employed as a digital modulation system. The modu 
lated signal output from the digital modulation circuit 
38, after being converted to an analog signal, is supplied 
to a transmit circuit (TX) 23. In the transmit circuit 23, 
the modulated signal is mixed with a local oscillation 
signal from the frequency synthesizer 24, converted to a 
radio frequency band signal and power-ampli?ed to a 
predetermined transmit power level. The radio carrier 
signal output from the transmit circuit 23 is fed via the 
duplexer 21 to the antenna 1 and transmitted from the 
antenna 1 to the base station not shown. 
The operation of the circuit system will be explained 

below with the analog mode set. A received intermedi 
ate frequency signal output from the receiving unit 22 is 
supplied to an analog audio circuit 40. The analog audio 
circuit 40 performs the FM detection of the received 
intermediate frequency signal and analog signal pro 
cessing, such as the ?ltering, low frequency ampli?ca 
tion, etc. so that the received analog baseband speech 
signal is reproduced. 
The received analog speech signal output from the 

analog audio circuit 40 is branched into two routes. Via 
one of the two branch routes, the received analog 
speech signal is converted by the A/D converter 41 to 
a digital signal and supplied to the change-over switch 
29. The change-over switch 29 is controlled such that, 
with the analog mode set, a received speech signal out 
put from the A/D converter 41 is selectively delivered 
with the control signal S8 output from the radio unit 
control circuit 20. With the analog mode set, a received 
speech signal is input via the change-over switch 29 to 
the echo canceller 30 after it has been output from the 
analog audio circuit 40 and A/D converted by the A/D 
converter 41. After being passed through the echo can 
celler 30, the received digital speech signal is converted 
by the D/A converter 31 back to an analog signal and 
supplied to the change-over switch 32. Via the other 
route, the received analog speech signal is directly input 
to the change-over switch 32 without being passed 
through the echo canceller 30. 
The change-over switch 32 is controlled such that, 

with the analog mode set and the handset speaking 
mode selected, the received analog speech signal di 
rectly coming from the analog audio circuit 40 is selec 
tively delivered with the control signal S9 output from 
the radio unit control circuit 2c. With the analog mode 
set and the hands-free speech mode selected, the re 
ceived analog speech signal output from the A/D con 
verter 31 is selectively delivered as an output. 
The received analog speech signal selectively deliv 

ered from the change-over switch 32 is branched into 
two routes. Via one of these routes, the received analog 
speech signal is fed through the buffer ampli?er 34 and 
cradle 3 to the handset 4. With the handset speaking 
mode selected, the received analog speech signal, after 
being volume-controlled by the volume 4f in the hand 
set 4, is output from the handset speaker 40. With the 
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hands-free speaking mode selected, the received speech 
signal on the other route, after being volume-controlled 
by a volume 33, is ampli?ed by the ampli?er 35 and 
output from the hands-free speaker 3a in the cradle 3. 
The analog transmit speech signal input from the 

cradle 3 to the radio unit 2 is branched into two routes 
in the radio unit 2. Via one of these routes, the analog 
transmit speech signal, after being converted to the 
digital signal by the A/D converter 36, is input to the 
echo canceller 30 because the hands-free speaking mode 
is involved. The digital transmit speech signal, after the 
acoustic echo component is canceled by the echo can 
celler 30, is supplied via the change-over switch 37 to 
the D/ A converter 42 where the digital transmit speech 
signal is converted back to an analog transmit speech 
signal. The analog transmit speech signal is input to the 
change-over switch 43. Via the other route, the 
branched analog transmit speech signal is input directly 
to the change-over switch 43 without being passed 
through the echo canceller 30 because the handset 
speaking mode is involved. 
The change-over switch 43 is controlled such that, 

with the hands-free speaking mode selected, the trans 
mit speech signal passing through the echo canceller 30 
is selectively delivered as an output with the control 
signal S9 output from the radio unit control circuit 2c. 
With the handset speech mode selected, the transmit 
speech signal directly supplied without being passed 
through the echo canceller 30 is selectively delivered 
from the change-over switch 43 and supplied to the 
analog audio circuit 40. In the analog audio circuit 40, a 
carrier signal is subjected by the transmit speech signal 
to FM modulation processing. The modulated signal 
output from the analog audio circuit 40 is supplied to 
the transmit circuit 23. In the transmit circuit, the mod 
ulated signal is mixed with a local oscillation signal from 
the frequency synthesizer 24, converted to a radio fre 
quency signal and power-ampli?ed to a predetermined 
transmit power level. A radio carrier signal output from 
the transmit circuit 23 is fed via the duplexer 21 to the 
antenna 1 and transmitted from the antenna 1 to the base 
station, not shown. 

Oscillators 2g1 and 2g2 generate 60 MHz and 2.048 
MHz clocks, respectively. The 60 MHz clock is sup 
plied to the echo canceller 30 and the 2.048 HMz clock 
is supplied to the A/D converters 36, 41 and D/ A con 
verters 31, 42. Oscillators 2j1 and Z? generate 80 MHz 
and 50 MHz clock. The 80 MHz clock is supplied to the 
speech code demodulation circuit 28 and the 50 MHz 
clock is supplied to the digital demodulation circuit 26 
and digital modulation circuit 38. Frequency dividers 
44, 45 and 46 generate 6.2208 MHz, 1.5 MHz and 194.4 
MHz clocks based on the clock (50 MHz) generated 
from the oscillator 212. The 6.2208 MHz clock is sup 
plied to a D/A converter 39, the 1.5 MHz clock is 
supplied to the error correction code demodulation 
circuit 27, and the 194.4KHz clock is supplied to the 
A/D converter 25. 
FIG. 3 is a circuit block showing an arrangement of 

the echo canceller 30. 
The echo canceller 30 comprises an echo canceller 

body 50 constimted by, for example, a DSP (digital 
signal processor) and change-over switches 51, 52 and 
53. 
The echo canceller body 50 comprises a received 

signal memory 50a, an adaptive ?lter 50b, an arithmetic 
operation unit 500, a tap coef?cient memory 50d and a 
tap coefficient update circuit 502. The body 50 further 
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comprises a chirp signal memory 50f, an inverse convo 
lution computation circuit 50g, and a write switch 50h 
for tap coefficient initialization. The receive signal 
memory 500 stores a digital receive speech signal. The 
adaptive ?lter 50b is comprised of a transversal ?lter. 
This ?lter generates a false echo based on the received 
digital speech signal stored in the received signal mem 
ory 50a and a tap coefficient stored in the tap coefficient 
memory 50d. The computation circuit 50b performs 
digital computation processing for subtracting the false 
echo which is generated by the adaptive ?lter 50b from 
the received digital speech signal. The tap coefficient 
memory 50d stores the tap coefficient of the adaptive 
?lter 50b therein. The tap coefficient update circuit 50e 
updates the tap coe?icient in the tap coefficient mem 
ory 50d on the basis of a residual echo which is output 
from the arithmetic operation unit 500. 
The chirp signal memory 50f initially stores a training 

signal series f(K) for initial training which is obtained by 
cutting a chirp signal series of an M cycle to time point 
s—-N+l to M— l. The character “M” above is defined 
as PéM, assuming that the order of the adaptive ?lter 
50b is given by P. The chirp signal memory 50f reads 
out the training signal series f(K), during an initial train 
ing period of the echo canceller 30, in accordance with 
an instruction of the radio unit control circuit 2c. The 
training signal series f(K) is input to the change-over 
switch 51. During the initial training period, the 
change-over switch 51 is switched by a control signal 
SS3 which is output from the radio unit control circuit 
2c. The training signal series f(K) which is output from 
the chirp signal memory 50f during the initial training 
period is convened by the D/A converter 31 to an 
analog signal via the change-over switch 51 and then 
output to the cradle 3. In the cradle 3, the analog signal 
is output from the hands-free speaker 3a as a chirp tone 
(a volume-ampli?ed voice). 
The chirp tone is reflected on the window and ceiling 

of the automobile and picked up, as an acoustic echo, by 
the hands-free microphone 3b of the cradle 3. After 
being converted by the A/D converter 36 to a digital 
signal, a signal series gj (j=0 to M- 1) corresponding to 
the acoustic echo of the chirp tone is input to the 
change-over switch 52 of the radio unit 2. During the 
initial training period of the echo canceller 30, the 
change-over switch 52 is switched by a control signal 
SS2 which is output from the radio unit control circuit 
2c. Thus, the signal series gj (j =0 to M- 1) correspond 
ing to the acoustic echo is supplied via the change-over 
switch 52 to the inverse convolution computation cir 
cuit 50g. In the inverse convolution computation circuit 
50g, the inverse convolution computation set out below 
is carded out using the signal series gj (i=0 to M-l) 
corresponding to the acoustic echo. By so doing, it is 
possible to estimate an impulse response hi (i=0 to 
P—l) of the acoustic echo. It is to be noted that 02 
shows an average electric power of the chirp signal 
series. 

The switch 50h for initialization is switched ON in 
accordance with a control signal SS4 which is output 
from a control circuit 20 after the estimation of an im 
pulse response hi of the acoustic echo by the inverse 
convolution computation circuit 50g. The impulse re 
sponse hi of the acoustic echo estimated by the inverse 
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convolution computation circuit 50g is supplied to the 
tap coefficient memory 50d. The tap coefficient mem 
ory 50d stores, as an initial value of the tap coefficient, 
the impulse response hi. 
The change-over switches 52 and 53 are controlled so 

that in the hands-free speaking mode selected, these 
switches are switched to the contact b in accordance 
with the control signals SS2 and SS1 output from the 
radio unit control circuit 2c. These switches are 
switched to the contact c in the case where the echo 
canceller 30 has to be bypassed. 
The operation of the mobile radio-telephone appara 

tus according to the present invention will be explained 
below. 

In the standby state, the arrival of an incoming call 
signal and a calling operation are monitored by the 
control circuits 20, 3c and 40. When, in this state, an 
incoming call signal arrives from the base station, not 
shown, the apparatus starts incoming call control. FIG. 
4 illustrates a ?ow chart showing the control procedure 
and control contents of the incoming call control opera 
tions. 

In the standby state, when the incoming call signal 
arrives via a paging channel, an access channel is estab 
lished between the base station and the present appara 
tus in accordance with a predetermined protocol. A 
radio channel (radio speech link) is established based on 
a speech channel designation signal sent via the access 
channel from the base station (step S40). When start 
control information arrives at the present apparatus via 
the radio speech link, the present apparatus delivers a 
ringing tone from, for example, a hands-free speaker 311 
at step S41), thus alarming the user about the arrival of 
the incoming call signal. In this state, the user responds 
to the alarm by lifting up, for example, the handset 4. 
Then the apparatus determines the state of an off-hook 
operation at step S4c. When the apparatus determines 
that the handset is in a handset speaking mode, control 
shifts to a step 84a’ to allow speaking in the handset 
speaking mode. When the apparatus is set to a handset 
speaking state, control shifts for speech to step S4e. A 
user can talk in the handset speaking mode. In the hand 
set speaking mode, the echo canceller 30 is set to be in 
an inoperative state. 

In the handset speaking mode, the apparatus monitors 
the operation of an END key and off-hook operation of 
the handset 4 at steps 84f and 84g, respectively. With 
the END key depressed, the end of the call is deter 
mined, thus shifting control to step 54k and returning 
the apparatus back to a standby state. 

If the user depresses a SND key during the alarming 
of the incoming call signal, the apparatus determines the 
hands-free speaking mode to be selected by step 84c and 
control is shifted for speech. That is, at step S4i, the 
echo canceller 30 is set to an operative state and then in 
step 4j control is implemented for allowing hands-free 
speaking. 
With the hands-free speaking in an enabled state, 

control is shifted to step S4k, allowing the initial train 
ing of the echo canceller 30 to be implemented. That is, 
in step S60, the changeover switches 51, 52 of the echo 
canceller 30 are switched to the contact a and, in this 
state, a training signal series f(k) of a given length is read 
out of the chirp signal memory 50f at step $611. By so 
doing, the training signal series f(k) is delivered to the 
received signal route via the change-over switch 51. 
After being converted to an analog signal by the D/A 




















